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1
CONCURRENT SIGNAL COMBINING AND
CHANNEL ESTIMATION IN DIGITAL
COMMUNICATIONS

This is a continuation-in-part of U.S. patent application
Ser. No. 10/982,134 (SD-7376), entitled USING CONVU-
LUTIONAL DECODING TO IMPROVE TIME DELAY
AND PHASE ESTIMATION IN DIGITAL COMMUNICA-
TIONS, which was filed on Nov. 4, 2004, and which is incor-
porated herein by reference.

This invention was developed under Contract DE-AC04-
94A1.85000 between Sandia Corporation and the U.S.
Department of Energy. The U.S. Government has certain
rights in this invention.

FIELD OF THE INVENTION

The invention relates generally to the reception of a digital
communication signal and, more particularly, to the reception
of'a digital communication signal via a plurality of transmis-
sion channels that include wireless communication links.

BACKGROUND OF THE INVENTION

In conventional wireless communication systems, the
channel capacity and reliability can be increased by using
antenna diversity techniques, wherein multiple antennas are
used to provide multiple channels that can mitigate Rayleigh
fading effects. For example, multiple channel communica-
tions can be used in mobile communication systems, and in
satellite communications systems where a single user trans-
mits a signal through several satellite transponders to a com-
mon base-station. Several conventional approaches allow the
signals received from multiple transmission paths (i.e., mul-
tiple channels) to be combined at the receiver. Some examples
of'these are: selection diversity, wherein the received channel
with the largest signal-to-noise ratio is selected, and the
remaining channels are discarded; equal gain combining,
wherein the receiver independently estimates and removes
channel parameters with respect to each received channel,
and then equally combines the detected channel symbols; and
maximum ratio combining (MRC), wherein the receiver
independently estimates and removes channel parameters
with respect to each received channel, and then combines the
channel symbols proportionally by the strength of the signals
received on the respective channels. In these and other con-
ventional approaches, channel parameters such as phase and
time delay are estimated before the received signals are com-
bined.

FIG. 14 diagrammatically illustrates a Single Input Mul-
tiple Output (SIMO) wireless communications system
according to the prior art. In the exemplary system of FIG. 14,
typical of satellite communications systems that are used for
both communications and user geo-location, a ground station
receiver 140 cooperates with a common (i.e., single) trans-
mitter, and several transponders shown generally at 141. The
common transmitter transmits a signal to the transponders at
141, which in turn transmit the signal to the receiver 140. (For
clarity and conciseness of exposition, the example of FIG. 14
shows only two transponders and their associated channels.)
The receiver 140 includes two antennas that receive two
respective versions of the transmitted information message,
one associated with each channel. The receiver 140 also
includes channel estimators that estimate unknown param-
eters associated with the channels, for example, unknown
time delay parameters and unknown phase parameters. Com-
pensators at 142 appropriately compensate for the estimated
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2

channel parameters. The estimation of channel parameters,
and the associated compensation, is performed before the
signals are combined at 143 and decoded at 144. In FIG. 14
(and in FIG. 15 described hereinbelow), the “h” characters
represent characteristics of wireless communication links
(between respective pairs of communicating antennas) in the
respective transmission channels, and the “n” characters rep-
resent noise in the associated channels.

At low signal-to-noise ratios, the aforementioned unknown
channel parameters can be difficult to estimate, which can
adversely impact the aforementioned signal combing and
decoding. It is therefore desirable to provide for improve-
ments in wireless communications at low signal-to-noise
ratios.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 diagrammatically illustrates a turbo channel
encoder according to the prior art.

FIG. 2 diagrammatically illustrates delay lock loops and
phase lock loops combined with channel decoders according
to the prior art.

FIG. 3 diagrammatically illustrates delay and phase locked
loops according to the prior art.

FIG. 4 is a trellis diagram for a % rate RSC code of
constraint length three.

FIG. 5 illustrates operations that can be performed by a
transition metric determiner used by exemplary embodiments
of the invention.

FIG. 6 is a trellis diagram that illustrates the propagation of
time delay and phase estimates according to exemplary
embodiments of the invention.

FIG. 7 illustrates operations that can be performed by an
early correlator used by exemplary embodiments of the
invention.

FIG. 8 illustrates operations that can be performed by a
middle correlator used by exemplary embodiments of the
invention.

FIG. 9 illustrates operations that can be performed by a late
correlator used by exemplary embodiments of the invention.

FIG. 10 illustrates operations that can be performed by a
phase processor used by exemplary embodiments of the
invention.

FIG. 11 illustrates exemplary operations that can be per-
formed according to the invention.

FIG. 12 diagrammatically illustrates pertinent portions of a
digital communications receiver architecture that employs
techniques used by exemplary embodiments of the invention.

FIG. 13 diagrammatically illustrates pertinent portions of
further exemplary embodiments of a digital communications
receiver according to the invention.

FIG. 14 diagrammatically illustrates a SIMO communica-
tions system according to the prior art.

FIG. 15 diagrammatically illustrates a SIMO communica-
tions system according to exemplary embodiments of the
invention.

FIG. 16 diagrammatically illustrates a part of the FIG. 15
system in more detail according to exemplary embodiments
of the invention.

FIG. 17 diagrammatically illustrates the integrated Turbo
decoders of FIG. 16 in more detail according to exemplary
embodiments of the invention.

FIG. 18 diagrammatically illustrates an integrated Turbo
decoder according to further exemplary embodiments of the
invention.
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FIG. 19 diagrammatically illustrates a part of the FIG. 15
system in more detail according to further exemplary embodi-
ments of the invention.

DETAILED DESCRIPTION

Exemplary embodiments of the invention provide for com-
bining signals in multi-channel wireless communication
receivers such as may be used in, for example, mobile or
satellite communication systems. Unknown channel param-
eters are estimated and removed while, concurrently, the sig-
nals are also combined to decode the substantive information
that has been transmitted. This improves overall channel
capacity. Examples of the aforementioned unknown channel
parameters include an unknown time-varying time delay, also
referred to herein as t(t), and an unknown time-varying car-
rier phase, also referred to herein as ¢(t).

A SIMO wireless communications system according to
exemplary embodiments of the invention is illustrated dia-
grammatically in FIG. 15. (For clarity and conciseness of
exposition, the example of FIG. 15 shows only two channels
explicitly.) The receiver 150 of FIG. 15 includes an apparatus
151 that integrates and concurrently performs, for multiple
signals respectively received on multiple channels, the fol-
lowing operations: channel parameter estimation; compensa-
tion for the estimated channel parameter(s); and combination
of'the signals to support decoding of the substantive informa-
tion carried by the signals.

According to exemplary embodiments of the invention, the
apparatus 151 utilizes structures and functionalities described
in the aforementioned U.S. patent application Ser. No.
10/982,134. These structures and functionalities are
described hereinbelow with reference to FIGS. 1-13.

In conventional digital communications receivers, a
received message might consist of a preamble or acquisition
sequence followed by a block of coded channel symbols that
have been spread with a direct sequence spread spectrum
(DSSS) code. The acquisition preamble’s SNR is typically
large enough to provide an estimate of the initial carrier
frequency, phase, and symbol timing. The received signal
typically has both symbol timing and carrier frequency drift,
due to clock errors and relative motion between the receiver
and transmitter.

Yt = ? eilk, 1y = T(6m; ()M 4 n(z,,)
S

A sample at time t,, of a DSSS binary phase-shift keyed
(BPSK) communications signal transmitted over an additive
white Gaussian noise channel has the following complex
form where E_ denotes the constant symbol energy, c,(k,t) is
the bipolar spreading function of time t for the k” data bit, i is
the symbol index for the k” data bit and consist of the values
{1,2} for a ¥ rate code, or {1,2,3} for a rate 1/3 code, for
example. T, is the data symbol interval, m,(k) is the sequence
of'data symbols from the channel encoder output (see FIG. 1)
and for BPSK modulation takes on values of £1, t(t) is an
unknown time-varying time delay, ¢(t) is an unknown time-
varying carrier phase, n(t) is zero mean complex Gaussian
noise with variance o,>~N/T,,, and n is the time sample
index. The received signal is sampled such that

M

=ty 1=Tag

@

where T, is the analog-to-digital converter sample interval.
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Coherent PSK communications require that the transmitter
and receiver waveforms be synchronized. As mentioned
above, the received signal (1) contains both an unknown
timing term, t(t), and phase term, ¢(t). These unknown terms
are due to transmitter and receiver clock errors and RF chan-
nel dynamics. The receiver, therefore, needs to estimate and
remove these unknown time and phase terms prior to
despreading and detecting the channel symbols.

The conventional coherent demodulation approach, shown
in FIG. 2, is to employ delay and phase locked loops (DPLL)
to track and remove unknown phase and time terms prior to
channel decoding.

FIG. 3 is a block diagram for a conventional coherent
data-aided Delay and Phase Locked Loop (DPLL). The input
data stream, y(t,,), is assumed to be a sampled complex signal
defined by Eqn. (1). The time tracking and phase tracking
loops are implemented in parallel. The DLL consists of a pair
of early and late correlators to track bit timing and despread
the DSSS modulation. The data-aided PLL is implemented
digitally with a Numerically Controlled Oscillator (NCO)
and hard-symbol detector. The PLL performs the carrier
phase tracking required to remove the unknown phase term,
¢(t,). The output of the middle correlator is the complex value
of'the despread symbol and the phase of this term is corrected
by 0 or & radians according to the sign of the detected soft
symbol (i.e., a data-aided loop). The phase corrected middle
correlator output is fed into the loop filters. In FIG. 3 the
parameter/indicates the index of a data symbol. Dropping the
subscript on m,(k) indicates the alternate indexing scheme
such that m(1)=m(k+i/R) for a rate R code. This symbol index
illustrates how data symbols are processed in the conven-
tional DPLL approach.

The equations for the correlators and phase detector of FIG. 3
are given as follows:

n=t-N+Ne—1 @)
ve) = Yrep U + 70n) + 6T )yt e ¥n)
n=EN
n=t-N+Ne—1 . @)
= 3 Vel + HG)y (e )
n=I-Ng
n=b N Ne—1 5)
D= Y g+ ) = STy P
n=INc
o imag (v (1) ©
oot = o0 A Lo

ST(D=Avp(D-vo () M

where y(t,) is the sampled input signal; y,,is the reference
signalused to despread the input signal, v, V, , and v, are the
integrate and dump outputs of the early, middle and late
correlators, respectively; 3¢(1) is the instantaneous phase esti-
mate of the input signal and is obtained from the output of the
middle correlator, V,, (1) is the filtered phase estimate, 3t(1)
is the instantaneous time delay estimate of the input signal
and is obtained from the output of the early and late correla-
tors, v,; and v,, and t(1) is the filtered time delay estimate.

The performance of conventional coherent data-aided
DPLLs such as described above is degraded when the symbol
energy to noise power density ratio E /N, is low.

The present invention recognizes that Turbo codes can
operate with very low symbol energy to noise power density
ratios values (E./N,<0 dB), and that DPLL performance will
improve if the SNR at the correlator output is increased by
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removing the data modulation and coherently integrating
over more than one symbol. The invention further recognizes
that SNR can be increased by increasing the coherent inte-
gration time of the early, middle, and late correlators. How-
ever, the coherent integration interval cannot be increased
without first removing the unknown data symbol modulation.

This problem can be addressed by integrating the DPLL
into a convolutional decoder algorithm (e.g., a Viterbi algo-
rithm), and using the estimated symbols from within the
decoding process to remove a set of one or more unknown
data symbols prior to the correlators (i.e., integrate and dump
operation) used in the standard DPLL method.

This results in two improvements relative to the conven-
tional DPLL approach. First, using the data symbol estimates
from within the data decoder provides a better symbol esti-
mator than the simple hard symbol detector used over a single
data symbol as done in the conventional DPLL. By using the
data symbol estimates from within the decoder, the informa-
tion imparted on adjacent symbols by the channel encoder is
exploited. This results in fewer phase modulation removal
errors in the data-aided loop. Second, in contrast to the con-
ventional DPLL, wherein only a single symbol is detected
and removed at a time, so that the coherent integration time is
limited to a single symbol, the aforementioned integrated
DPLL architecture can estimate and integrate over several
data symbols at a time (as explained below). This increases
the coherent integration time and results in an increase in the
effective signal to noise ratio at the output of the DPLL
correlators. The end result is improved estimates of the
instantaneous phase and time delay terms, which allows the
DPLL to work at lower E /N, values.

Convolutionally encoded error control channel symbols in
a phase-shift keyed (PSK) digital communications receiver
can be jointly tracked and decoded. Either or both symbol
time and phase estimation can be incorporated within a Vit-
erbi decoding process. This approach is referred to herein as
the Integrated Viterbi Algorithm (IVA). Making data deci-
sions inside the Viterbi decoding process improves the per-
formance of the time and phase tracking loops, compared to
prior art methods which make time and phase corrections
prior to the Viterbi decoding process. The correlations among
adjacent convolutionally-encoded symbols can be exploited.
Within the Viterbi decoder a PSK decision can be based not
solely on the measured phase of the symbol in question, but
also on the phases and decisions regarding all other symbols
on the path selected during the Viterbi decoding process.

The IVA canbe incorporated into a Turbo decoder resulting
in a tracking Turbo decoder that can operate at lower signal-
to-noise ratio (SNR) than that of a delay and phase locked
loop (DLL/PLL) using the conventional approach. An IVA
decoder and a conventional soft-output Viterbi algorithm
(SOVA) decoder can be concatenated in parallel to implement
an Integrated Turbo Algorithm (ITA). The IVA decoder esti-
mates timing and/or phase, performs the PSK symbol detec-
tion, including despreading in some embodiments, and gen-
erates soft PSK symbol values for input to the parallel-
concatenated conventional SOVA decoder. Thus, a Viterbi
decoder with integrated (internal) delay and/or phase locked
loops is provided, and can be used to make a Turbo decoder
with integrated delay and phase tracking loops.

A block diagram of an ITA decoder that simultaneously
despreads channel symbols, decodes channel symbols, and
tracks timing and phase is shown in FIG. 13. Two component
decoders are linked together by an interleaver, a de-inter-
leaver, and the a priori information that is passed between
them. The first component decoder of the ITA is the Inte-
grated Viterbi Algorithm (IVA). In this IVA decoder, time and
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phase tracking are implemented simultaneously within a Soft
Output Viterbi Algorithm (SOVA) decoding process. The
input into the IVA is the sampled complex received signal
defined in Eqn. (1). In this example, the input signal has had
aspreading sequence applied thereto, and has unknown, time-
varying phase and time-delay parameters. FIG. 13 shows the
input signal partitioned into systematic and parity symbols.
The operations required to despread the symbols and to esti-
mate and remove the unknown time and/or phase terms are
implemented as an integral operation within the IVA decoder.

A data-aided coherent Delay and Phase Lock Loop
(DPLL) can be executed simultaneously during the Viterbi
decoding process of the IVA decoder. Phase and time estima-
tion can be performed with respect to the input signal, for
example, a spread spectrum BPSK signal. The output of the
IVA decoder is a set of despread soft symbols and the normal
extrinsic information, L (u,), related to the information bit u
(k) (see also FIG. 1). The despread soft symbols correspond to
the set of soft symbols that would typically come from the
output of a conventional DPLL preceding the channel
decoder (see also FIGS. 2 and 3).

Because of the interleaving (see also FIG. 1), phase esti-
mation, time estimation, and data despreading can only be
implemented within the IVA decoder. This is because the
systematic symbols that are input to the second component
decoder 132 must be interleaved at 133 to account for the fact
that the systematic symbols were interleaved before encoding
and transmission of the Parity 2 information, as shown in FIG.
1. The interleaving at 133 scrambles the phase on the system-
atic symbols, making tracking impossible in decoder 132.
The output from the decoder 132 includes the extrinsic infor-
mation, L, (u,), related to the information bit, u(k), the a
posteriori Log-Likelihood Ratio (LLR) for the information
bit, L(u(k)ly), and the hard-symbols estimates for the Parity 2
symbols. The hard detected Parity 2 symbols are used in the
DPLL of the IVA decoder, as described in more detail below.

The IVA decoder can integrate a DLL and/or a PLL into the
Viterbi Algorithm. The conventional Viterbi algorithm
searches all possible paths in its associated trellis, and selects
the codeword (i.e., encoder output) whose distance from the
received symbol sequence is smallest among all possible
codewords. The decoding algorithm starts at the first received
symbol and continues until the last received symbol is pro-
cessed. At each bit interval, the path is reduced by deselecting
codewords from all the possible remaining codewords. At
each interval for each state of the trellis, two paths merge into
that single state, as shown in FIG. 4. The path with the smaller
metric is eliminated as the optimal path, leaving a single
surviving path for that state at that interval. When the end of
the trellis is reached, there are four surviving paths, and the
surviving path with the largest path metric is selected as the
most likely path. At any bit interval within the decoding
process there are 2°~* possible surviving paths, where K is the
constraint length of the encoder (K=3 in FIG. 4). Each of
these paths has a unique associated codeword. These code-
words are used to implement a data-aided loop. A separate
DPLL can be implemented for each of these paths during the
decoding process.

Consider the correlators defined by Eqn. (3) through Eqn.
(5) above that are used to estimate instantaneous time delay,
d1(1), and instantaneous phase, 5¢(1), of the 17 symbol, m(1)
within the conventional data-aided DPLL.. The correlator sig-
nal outputs V(1) and V, (1) are used in the delay computer to
track and time align the input signal to a reference signal,
while correlator output V(1) is used to estimate the phase of
the current symbol. In each case, the correlators use the
detected hard-symbol m(l) to remove the data modulation
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before the symbol phase and time estimate are made (i.e., a
data-aided loop). In the loop shown in FIG. 3, the hard-
symbol detection occurs after the basic integrate and dump
operation from the middle correlator.

As previously mentioned, according to exemplary embodi-
ments of the invention, the effective SNR at the output of the
correlators can be increased and the instantaneous estimates
of both symbol time and phase can be improved, thereby
improving the overall performance of the DPLL. From
examination of Eqn. (3) through Eqn. (5), if the symbol values
m(l) are known a priori, and if time and phase are constant
over several symbols, then the correlators can integrate over
several symbols before estimating time and phase. Define L.
as the number of bit intervals in which time and phase are
considered constant enough to allow for coherent integration.
Examples of L. in various embodiments are 5, 10, 50, 100, etc.
Then, for a %5 rate component code, at any bit interval in the
Viterbi decoding process, there are a set of 2*L symbol esti-
mates for each surviving path. These symbols can be used to
remove data symbol modulation and increase the correlator
integration interval in a data-aided DPLL. One of the surviv-
ing paths will eventually be selected as the most likely path.

Eqn. (8), Eqn. (9) and Eqn. (10) shown respectively in
FIGS. 7, 8 and 9 define examples of early (FIG. 7), middle
(FIG. 8) and late (FIG. 9) correlators that support coherent
integration over a block of L Viterbi decisions for a %% rate
punctured code.

In Eqn. (8) to Eqn. (10) s, indicates the current state at the
k™ bit interval in the Viterbi decoding process, s,_, indicates
the previous state for the selected pathand N_ is the number of
PN code chips per data symbol. The parameter d could be, for
example, ¥6” of a chip width. In the ¥4 rate decoder i, (k,s;)
is the symbol estimate at the kth bit for state s, while i=1 for
the systematic symbol and i=2 for the parity symbol. Notice,
that for a ¥4 rate encoder, the correlators sum over two data
symbols per decoding interval and will sum over a total of
2*[, data symbols before they are dumped and phase and time
estimates are updated. Also, notice that there is a unique
DPLL implemented for each surviving path of the trellis. Eqn.
(11) of FIG. 10 needs to use a two argument arctangent
function whose range is - to 7.

To illustrate the use of Eqn. (8) to Eqn. (10), assume that we
are at the kth bit interval in the Integrated Viterbi Algorithm.
Then, at each state, s, there is a surviving path (see also FIG.
4) and an associated Viterbi path metric. In addition, each
surviving path has a time delay and phase estimate, %Sk, and
¢, respectively. These are the time and phase terms that are
estimated and tracked via the DPLL and are updated for each
state every L bit intervals according to the invention. Each
state therefore has associated therewith one or both of a phase
estimate and a time delay estimate, and the estimates for each
state are completed at the completion of each block of L. bit
intervals. At the beginning of the trellis processing, conven-
tional techniques can be used to make an initial time delay
estimate for all states (see FIG. 4) based on the message
preamble. The initial phase estimates at the beginning of the
trellis can be handled in similar fashion, estimating the phase
for all states based on the preamble. The initial time delay and
phase estimates for the various states are shown at 41 and 42
in FIG. 4.

For the correlators, the next 2*, data symbols are summed
using the decision sequence myk,s;), . . . , m(k+L,s;,;) to
remove the data modulation. Because we are in the middle of
the Viterbi decoding process, there is a decision sequence
from s, to s, for each survivor of state s, ; at the k+L bit.

The terms v, v,,, and v; are initialized to zero at the start
of'each block of 2*L symbols (L bit intervals), and the Viterbi
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decoding process and summing of the terms in Eqn. (8) to
Eqn. (10) proceeds, for each state, over the selected path.

For example, at the next bit interval, k, for each state, s,
exemplary embodiments of the invention perform the follow-
ing steps S1-S3:

S1) Using the current time delay estimate, T . » and phase
estimate, ¢,,_, Eqn. (13) of FIG. 5 is used to despread the
sampled data symbol sequence and calculate transition met-
rics, Y(s;_;, S;)- In Eqn. (13) h, and M, are the codeword
symbols associated with the branch transition froms,._, to s,.
Two transition metrics, corresponding to the two possible
incoming path segments or branch transitions (see also FIG.
4), are calculated for each state at each bit interval k. The time
delay and phase estimates (with subscripts k-1 in FIG. 5)
used in a given transition metric calculation are those esti-
mates currently associated with the state from which the
transition (path segment) under consideration originates. For
example, considering state 01 in FIG. 4, one transition metric
would be calculated using the current time delay and phase
estimates for state 00, and the other transition metric would be
calculated using the current time delay and phase estimates
for state 10. For the rate % (punctured) code, the parity
symbol is not sent on even numbered bits, as shown in FIG. 1,
so the second sum in Eqn. (13) is zero for every other bit
period. For the rate %3 Turbo code, the parity bits are always
sent so both sums are computed.

S2) Using the transition metrics, the Viterbi path metric is
updated and the codeword symbols m, (k,s;) and m,(k,s;) are
selected. Some embodiments use the transition metrics, as
calculated in FIG. 5, to update the Viterbi path metric in the
following manner. For a given state at a given time interval,
Eqn. (13) is used to compute two transition metrics (complex
numbers), which are respectively associated with the two
possible incoming path segments illustrated in FIG. 4. The
real component of each of these complex transition metrics is
then added to its corresponding path metric to determine a
resulting updated path metric associated with that particular
transition. Then, the selected transition is determined to be the
transition whose transition metric results in a larger updated
path metric. The time delay estimate, T .- and the phase
estimate, b5, associated with the selected transition are
propagated to the next bit iteration. FIG. 6 shows an example
of time delay propagation, which is described in more detail
below.

S3) Using the selected codeword symbols and the propa-
gated phase and time delay estimates, the early, late, and
middle correlation operations are performed as defined in
Eqn. (8) to Eqn. (10) of FIGS. 7-9. Propagation of time delay
and phase estimates will be described with reference to the
example of FIG. 6. In FIG. 6, solid lines indicate selected state
transitions and the heavy solid lines indicate the selected path
through the block. Considering the heavy solid line path
example shown in FIG. 6, because the transition from state 00
to state 01 was chosen at time k+1, the time delay estimate for
state 00, T(0), is propagated to state 01 and used as T in the
correlator calculations for state 01 at time k+1. Then, because
the 01-to-10 transition was chosen at time k+2, T(0) propa-
gates on for use as T in the correlator calculations for state 10
attime k+2. The phase estimates ¢ are also propagated in this
fashion.

S4) Steps S1-S3 above continue to repeat until the end of
the block occurs at interval k+L.. At this point in time, the
integrators in Eqn. (8) to Eqn. (10) are dumped and the results
are fed to a delay computer and a phase detector which are
followed by loop filters to produce updated phase and time
estimates for use with the next block of 2*L symbols.
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It should be noted that the above-described propagated
time delay and phase estimates are also used in step S1 above
for the calculation of transition metrics using Eqn. (13).

FIG. 11 illustrates some of the exemplary operations
described above. At 110, the transition metrics are calculated,
and these transition metrics are used at 111 to update the
Viterbi path metrics and select the codeword symbols. At 112,
the updated path metrics and selected codeword symbols are
used to calculate the early, middle and late correlators. As
illustrated at 113 and 114, the operations at 110-112 are
repeated at each successive decision interval in the trellis,
until the end of the current block is identified at 113. There-
after at 115, the correlators calculated at 112 are used to
determine updated time delay and phase estimates for use
with the next block. As shown at 116 and 117, the operations
at 110-115 are repeated for each successive block of trellis
decision intervals until the end of the trellis is reached at 116.

FIG. 12 diagrammatically illustrates pertinent portions of a
digital communications receiver architecture that employs
techniques used by exemplary embodiments of the invention.
In the example of FIG. 12, the received signal y(t) and the
reference spreading function y,, are input to a transition
metric determiner 121 and also to the early, middle and late
correlators 122. The transition metric determiner 121 uses,
for example, Eqn. (13) to produce the transition metrics for
input to a path metric and codeword symbol processing unit
123. The unit 123 uses the transition metrics received from
transition metric determiner 121 to update the Viterbi path
metrics and select the codeword symbols. The unit 123 pro-
vides the updated path information and the selected codeword
symbols to the correlators 122, which in turn calculate the
early, middle and late correlators using, for example, Eqns.
(8)-(10).

The middle correlator is provided to a phase processor 124,
and the early and late correlators are provided to a time delay
processor 125. The phase processor 124 produces the updated
phase shift estimate in response to the middle correlator, for
example, by plugging the middle correlator into Eqn. (11) of
FIG. 10, and processing the result in a loop filter. The updated
phase estimate is fed back to the correlators 122 and the
transition metric determiner 121 for use in Eqns. (8)-(10) and
(13). Respective updated phase estimates are provided for
each of the respective states of the Viterbi trellis.

The time delay processor 125 produces an updated time
delay estimate in response to the early and late correlators. In
one exemplary embodiment, the time delay processor 125
compares the real component of the early correlator to the real
component of the late correlator. If the real component of the
early correlator is greater than the real component of the late
correlator, then the current time delay estimate is increased by
one reference sample to produce the updated time delay esti-
mate. Otherwise, the current time delay estimate is decreased
by one reference sample to produce the updated time delay
estimate. The time delay processor 125 produces respective
updated time delay estimates for each of the respective states
of the Viterbi trellis, and these updated time delay estimates
are fed back to the correlators 122 and the transition metric
determiner 121 for use in Eqns. (8)-(10) and (13).

The correlators 122 and the transition metric determiner
121 utilize the updated time delay and phase estimates in
Eqns. (8)-(10) and (13) during the processing of the next
block of Viterbi trellis decisions.

It can be seen from the foregoing that the transition metric
determiner 121 and the path metric and codeword symbol
processing unit 123 can function as a decoder for performing
Viterbi decoding operations according to the invention. It can
also be seen that the architecture of FIG. 12 can, if desired,
support integration of the despreading operation into the
decoding operation. The early and late correlators, together
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with the time delay processor 125, function as a time delay
estimator, and the middle correlator and phase processor 124
function as a phase estimator.

At the end of the trellis, as with the conventional Viterbi
Algorithm, each surviving path has an associated path metric,
and the ML (maximum likelihood) path is the one of the
surviving paths with the largest path metric. Also, in Turbo
decoding embodiments such as in FIG. 13, a soft output in the
form of the a posteriori LLR, L(u(k)ly), is needed for each
decoded bit. To calculate L(u(k)ly), the normal trace-back
operation for the conventional Soft-Output Viterbi Algorithm
(SOVA) can be used.

Continuing with the Turbo decoder of FIG. 13, the output
from the IVA decoder is fed to the input of the SOVA decoder
132. The input signal, therefore, needs to be despread prior to
being used by the SOVA decoder 132. The IVA decoder
provides the set of despread symbols that feed the decoder
132. Note in FIG. 13 that the systematic symbols are inter-
leaved before presentation to the SOVA decoder 132, in order
to agree with the bit order that was encoded at the transmitter
(see also FIG. 1). The output of the decoder 132 includes the
extrinsic information, L_(u(k)), the a posteriori LLR L(u(k)
ly), and symbols estimates, P* associated with the second
component code (see code 2 of FIG. 1).

The parity symbols, P*, shown in FIG. 13, are created in
the SOVA decoder 132 and are used in the DPLL section of
the IVA decoder. These parity symbols are used to increase
the effective SNR at the DPLL correlators’ outputs. To illus-
trate their use, consider Eqn. (8), Eqn. (9), and Eqn. (10)
above for a rate %2 punctured Turbo code. In each equation,
the first term is a summation of systematic bits and the second
term is a summation over the parity bits. For a rate %2 Turbo
code the parity bits are alternately from encoder 1 and the
encoder 2 (see also FIG. 1). The symbol estimates for the
parity bits must be taken alternately from the two decoders of
FIG. 13. The parity symbol estimates, P* are used by the I[VA
decoder as m,(k,s;) in Eqns. (8), (9) and (10). This accounts
for the parity symbol modulation at the transmitter (FIG. 1)
and allows for integration over all of y(t,,) in Eqn. (8), Eqn.
(9), and Eqn. (10). This further improves the effective SNR of
the correlator outputs. In the transition metric computation of
Eqn. (13) for the rate ' (punctured) code, however, the input
signal y(t,,) corresponding to parity symbols produced by the
Code 2 component encoder (see FIG. 1) is still set to zero for
every other bit.

The extrinsic information from the decoder 132 is deinter-
leaved and fed to the IVA decoder. Only the decoder 132
works with interleaved data. As with the standard Turbo algo-
rithm, the IVA decoder now decodes the same input using the
extrinsic information from the decoder 132 to improve the
decoding process. The process is repeated until the Turbo
decoder operation is complete.

Considering again the multi-channel wireless communica-
tions system shown in FIG. 15 and described above, the signal
received via a given (jth) antenna has the following general
form

¥, = a4

J 7 etk o= migein el el 2o il 1) ni2 )

where j indicates the particular channel, E denotes the con-
stant signal energy, c,(k,t) is a bipolar spreading function of
time t for the k™ data bit, T, is the data symbol interval, m(k)
is the sequence of data symbols from the channel encoder
output and for BPSK modulation takes on values of =1, ©(t,)
is an unknown time-varying time delay, ¢(t,,) is an unknown
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time-varying carrier phase, ¢*'(t,) is the time varying phase
between the transmitter and transponder, ¢/*(t,) is the time
varying phase between the transponder and ground station,
(t,) is modeled as zero mean complex Gaussian noise with
variance (o,71)>=2Ny"'/T_, where T, is the A/D sample
interval, and 1¥>*(t ) is modeled as zero mean complex Gaus-
sian noise with variance (0,/)=2Ny"*/T .

FIG. 16 diagrammatically illustrates exemplary embodi-
ments of an apparatus such as shown generally at 151 in FIG.
15. In the embodiments of FIG. 16, the apparatus 151 is
implemented by N integrated Turbo decoders 160. Thus, for
the architecture explicitly shown in the example of FIG. 15, N
would have a value of 2. The integrated Turbo decoders 160
are described in more detail hereinbelow with respect to FIG.
17.

Conventional Turbo decoders use the Maximum A-Poste-
riori (MAP) estimator to estimate the transmitted user bits
u(k). The MAP estimator gives, for each decoded bit u(k), the
probability that the bit was a 1 or 0 conditioned on the
received signal sequence y. The output of the normal Turbo
decoder is the Log-Likelihood Ratio (LLR) and has the fol-
lowing form

Plulk) = 1/?)] 1s)

SRR P

Now, consider the case (illustrated by FIG. 15) when there are
multiple received sequences, Y, for a single sequence of
information bits u(k). Using Equation (15) above and assum-
ing, for example, a SIMO system with N channels, the Log-
Likelihood Ratio is

Putt)=1/3", ... . 3")

Puk) =0/3", ... .3V

(16
Luk) /5, ... ,yN)=h{

In FIG. 16 (and FIG. 17), the LLR output 163 for each
individual integrated Turbo decoder 160 is given by Equation
(15). That is, the integrated Turbo decoders 160 respectively
correspond to the N channels of the SIMO system. Bayes’
Rule can be used to determine how the N LLR outputs from
the individual integrated Turbo decoders 160 can be com-
bined to compute the SIMO system LLR defined by Equation
(16). Applying Bayes’ Rule to Equation (16), the LLR for the
SIMO system is given as

PG, ... Y Julk) = DPuk) = 1) 17

PG 3 ulk) = 0)Pu(k) = 0)

Luk) /5" ... 7" :h{

Assuming the channel noise is independent,

P! Jutk) = VP2 futk) = 1)...)  (18)
PV Jutk) = DP(utk) = 1)
P/ utk) = 0)P(y? /ulk) = 0)...

PN fulk) = 0)P(utk) = 0)

=N I

Lk /v ... ¥ =

Also, applying Bayes’ Rule to Equation (15), the output of a
single-channel MAP decoder can be expressed as
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P(y [u(k) = DP(uk) = 1)] (19
P(y [u(k) = 0)P(ulk) = 0)
Plutk) = DP(y(k) [ utk) = DP(Y [ulk) = 1;

excepiy(k)/uk) = D})
Plutk) = OP(yk) [ ulk) = OP(y [ ulk) = 0;

except{y(k) /u(k) = 0)})
=Lw+L.+L,

L) /3) = 1n(

where L, is the extrinsic information, L is the channel infor-
mation, and [(u) is the a-priori information. Equation (19)
expresses the LLR in a form that is commonly associated with
conventional Turbo decoders.

Now, Equation (19) can be used to consider combining two
LLR outputs respectively associated with two different chan-

nels, that is
LW +Lu() =L L L (w)+L 2+L 2+L (1) (20)

Assuming that the a-priori probabilities are the same for both
channels, then the following relationship can be obtained by
relating Equation (20) to Equation (18)

LRy =L @Ry L)) +L(w).

In general, for N channels, the multichannel LLR can be
expressed as

@n

LS P =LuF)+ ...+
L(uBy™)-(N-DL(w)
Equation (22) above shows how the LLR outputs 163 from
the individual integrated Turbo decoders 160 can be com-
bined to produce the multichannel MAP LLR. This operation
is performed by the MAP combining logic 173 shown in FIG.
16.

FIG. 17 diagramattically illustrates in more detail the inte-
grated Turbo decoders 160 according to exemplary embodi-
ments of the invention. The integrated Turbo decoder 160 of
FIG. 17 is generally similar to that of FIG. 13, except the
extrinsic information at 161 and 162 is not directly used as the
a-priori information for the other component decoder. Rather,
the extrinsic information is used for further processing as
shown in FIG. 16. In particular, as shown in FIG. 16, the
extrinsic information outputs 161 from the first component
decoders (corresponding to IVA in FIG. 17) of'the N channels
are fed into a corresponding a-priori combiner 171, and the
extrinsic information outputs 162 from the second compo-
nent decoders (corresponding to 132 in FIG. 17) of the N
channels are fed into a corresponding a-priori combiner 172.
Combining logic at 171 produces a-priori information for use
by the second component decoders of the N channels, and
combining logic at 172 produces a-priori information for use
by the first component decoders of the N channels. This is
possible because, during the iterative Turbo decoding pro-
cess, the decoder logic at IVA and the decoder logic at 132
operate in parallel with one another.

For example, and with continued reference to FIGS. 16 and
17, the input signal y/(j=1, 2, . . . N) for each channel is fed at
166 to the Integrated SOVA decoder IVA for that channel.
This is the first component decoder for the channel. The first
component decoders IVA of the N channels operate in parallel
with one another. The extrinsic information outputs 161 from
each of the first component decoders IVA are fed to the
a-priori combiner 171. The a-priori information L*(u) output
produced by the a-priori combiner 171 is fed to the input 164
of the second component decoder of each of the N channels.
The second component decoders 132 of the N channels also
operate in parallel with one another, and their extrinsic infor-
mation outputs 162 are fed to the a-priori combiner 172. The
a-priori information L*(u) output from the a-priori combiner

22
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172 is fed to the input 165 of the first component decoder of
each of the N channels. The iterative process continues until
the Turbo decoding is terminated.

As described above, the a-priori combiner 171 receives
extrinsic information from the first component decoders IVA,
and the a-priori combiner 172 receives extrinsic information
from the second component decoders 132. This extrinsic
information is defined by probability values that can be nor-
malized by the combiners 171 and 172 to produce an a priori
probability as follows

@23

Pulk)=1D+...+PuMk)=1)
Llutky) = h{P(ul(k) —0)+.. + PR =0)

Using the relationships shown by Equations (24)-(26) below,
Equation (23) above can be rewritten as shown in Equation
(27) below:

Plutk) =1) (24)
L{uk)) =lnf ——
) = i =)
L) (25)
Pu=1=1—wm
L) (26)
Pu=0)=1- T o®
et ) @) @n
Lt =1 1 + eltel (k) Tt 1 + el ()
wlk) = elial @) oLV ()
- +...+
1 + el ) 1 + el (o)

The a-priori combiner 171 applies equation (27) to the extrin-
sic information outputs 161 from the first component decod-
ers (IVA) ofthe N channels, and thereby computes the a-priori
information output L*(u) to be used by the second component
decoders 132 of the N channels for the next iteration of the
decoding process. Similarly, the a-priori combiner 172
applies equation (27) to the extrinsic information outputs 162
from the second component decoders 132 of the N channels,
and thereby computes the a-priori information output L' (u) to
be used by the first component decoders IVA of the N chan-
nels for the next iteration of the decoding process.

Once the integrated Turbo decoding process is completed
by the apparatus of FIG. 17, the MAP combiner 173 receives
the LLR output 163 from each of the N channels, and imple-
ments Equation (27) with respect to the LLR outputs 163 to
compute the estimated information bits, shown at 174.

Some embodiments use an integrated Turbo decoder con-
figuration wherein the component decoder pairs operate in
serial fashion. The extrinsic information produced by an
iteration of the integrated Turbo decoder is provided as the
a-priori information to the next integrated Turbo decoder in a
serially coupled chain of integrated Turbo decoders. Some
embodiments according to the aforementioned serial con-
figuration use an integrated Turbo decoder 180 that is config-
ured as illustrated diagrammatically in FIG. 18. The inte-
grated Turbo decoder 180 of FIG. 18 is similar to the
integrated Turbo decoder 160 of FIG. 17, but the extrinsic
information produced at 161 by the decoder component ITA
is provided as a priori input to the decoder component 132, as
shown at 164. The extrinsic information 162 from the decoder
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component 132 is available to be fed to the next integrated
Turbo decoder 180 in a serial chain arrangement (shown in
FIG. 19 and described below).

FIG. 19 diagrammatically illustrates exemplary embodi-
ments of an apparatus such as shown generally at 151 in FIG.
15. In the embodiments of FIG. 19, the apparatus 151A
includes the aforementioned serial chain configuration of
iterated Turbo decoders 180, in particular N decoders 180 that
respectively correspond to N transmission channels. In some
embodiments, the apparatus 151A operates as follows.

Referring to FIGS. 18 and 19, the decoding starts with the
integrated Turbo decoder 180 for channel 1. With its a-priori
information initially set to all zeros, the channel 1 decoder
180 operates on the incoming sampled data for channel 1,y",
completes a single iteration of the Integrated Turbo Algo-
rithm, and then stops. The extrinsic information 162 produced
by the channel 1 decoder 180 is provided as a priori input for
the first decoder component IVA ofthe channel 2 decoder 180
(at 165). The channel 2 decoder 180 then operates on its
associated channel data, y?, completes a single iteration of the
Integrated Turbo Algorithm, and its extrinsic information,
produced at 162, is provided as a priori input for the first
decoder component IVA of the channel 3 decoder 180 (at
165). This process continues sequentially along the chain of
decoders in FIG. 19, until the channel N decoder 180 finally
completes a single iteration of the Integrated Turbo Algo-
rithm, and provides its extrinsic information 162 to the chan-
nel 1 decoder 180 (at 165). At this point, one full iteration of
serial multi-channel processing has been completed.

The above-described serial multi-channel processing
operations can be repeated for as many full iterations as
desired. The larger the number of full iterations implemented,
the better the overall performance of the apparatus 151A.
Various exemplary embodiments use various numbers of full
iterations, for example, in a range from five to ten. After the
desired number of full iterations has been completed, the
outputs 163 of each of the N decoders are fed to MAP com-
biner 173, which implements Equation (27) to produce the
estimated information bits at 174, in the same manner
described above with respect to FIG. 16.

Although exemplary embodiments of the invention have
been described above in detail, this does not limit the scope of
the invention, which can be practiced in a variety of embodi-
ments.

What is claimed is:

1. An apparatus for decoding a digital communication sig-

nal, comprising:

an input for receiving said digital communication signal
via a plurality of communication channels, wherein all
communication information carried by said digital com-
munication signal is associated with a single user;

a decoder connected to said input to receive said digital
communication signal and configured to produce sets of
symbol estimates in response to said digital communi-
cation signal; and

a parameter estimator connected to said input to receive
said digital communication signal and configured to pro-
duce, in response to said digital communication signal,
parameter estimates of one of a time delay parameter
and a phase parameter associated with transmission of
said digital communication signal said parameter esti-
mator also connected to said decoder and further con-
figured to produce at least some of said parameter esti-
mates based respectively on at least some of said sets of
symbol estimates.
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2. The apparatus of claim 1, wherein said decoder is further
configured to produce at least some of said sets of symbol
estimates based respectively on at least some of said param-
eter estimates.

3. The apparatus of claim 2, wherein said decoder imple-
ments a convolutional decoding operation.

4. The apparatus of claim 3, wherein said decoder imple-
ments a Viterbi trellis.

5. The apparatus of claim 2, wherein the apparatus is part of
a Turbo decoding apparatus.

6. The apparatus of claim 1, wherein said parameter esti-
mator is configured to produce parameter estimates of both
said time delay parameter and said phase parameter.

7. A method of decoding a digital communication signal,
comprising:

receiving said digital communication signal at a commu-

nication receiver via a plurality of communication chan-
nels, wherein all communication information carried by
said digital communication signal is associated with a
single user;

inputting said digital communication signal in parallel to

first and second processing paths in the communication
receiver;,

producing by the first processing path, in response to said

digital communication signal, sets of symbol estimates;
and
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producing by the second processing path, concurrently
with said producing by the first processing path, and in
response to said digital communication signal, param-
eter estimates of one of a time delay parameter and a
phase parameter associated with transmission of said
digital communication signal, said parameter estimates
producing including producing at least some of said
parameter estimates based respectively on at least some
of said sets of symbol estimates.

8. The method of claim 7, wherein said producing sets of
symbol estimates includes producing at least some of said
sets of symbol estimates based respectively on at least some
of said parameter estimates.

9. The method of claim 8, wherein said producing by the
first processing path includes implementing a convolutional
decoding operation.

10. The method of claim 9, wherein said producing by the
first processing path includes implementing a Viterbi trellis.

11. The method of claim 7, wherein said producing by the
second processing path includes producing parameter esti-
mates of both said time delay parameter and said phase
parameter.



